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e Initial Allocations: 25KHz ~ 30KHz wide 
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Initial Part 90 Spectrum Use cs 


e Occupied Bandwidth vs. Channel Steps 
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“Refarming” Part 90 Spectrum | ::° 


e Refarming Phase !: 12.5KHz wide 
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“Refarming” Part 90 Spectrum | ::° 


e Refarming Phase Il: 6.25KHz wide 
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Standards $33 


e What is a Standard? 
e Why are Standards important? 


e What are some examples of Standards in 
use? 


e What is current “Standard” for VHF/UHF? 
e Are Standards mandatory? 
What happens in the absence of standards? 


APCO International <=: 


Association of Public Safety Communications 
Officials International, Inc. 


e The world's oldest and largest not-for-profit 
professional organization dedicated to the 
enhancement of public safety communications. 


e APCO International serves more than 16,000 
members around the world, people who manage, 
operate, maintain, and supply the communications 
systems used to safeguard the lives and property of 
citizens everywhere. 


Why P25 was developed 33° 


4 reasons as stated by APCO 


Enhanced functionality in equipment with 
capabilities focused on public safety needs. 


e Improve spectrum efficiency. 

e Ensure competition among multiple vendors 
through Open Systems Architecture. 

e Allow effective, efficient, and reliable intra- 
agency and inter-agency communications. 


What is P25? ose: 


A suite of standards for digital modulation in Public Safety 2- 
Way communications. 


APCO Project 25 moved forward in January 1993 by adopting 
proposed system architecture including six interface standards to 
determine the future of digital technology for use in public safety 
communications. 


The first interface to be defined was the Common Air Interface 
(CAI). CAI sets the standard for radio-to-radio digital signal 
compatibility and interoperation. 


This means that in an APCO Project 25-compliant system, 
mobile, portable and infrastructure equipment from any 
manufacturer may be freely combined. 


Brief Description of P25 ese: 


In November 1993, the APCO Project 25 Steering 
Committee accepted the TlA-recommended 
Common Air Interface Standard document. 


Original P25 Standards defined: 
e FDMA access method 
e CQPSK (changed to C4FM) modulation 
e 9600 Baud Data rate 


e IMBE vocoder (by DVSI), using a 12.5 KHZ 
channel. 
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P25 Suite of standards 333s 

9 Standards for Pub Safety Digital Comms 

° RF Sub System (RFSS) 

8 Common Air Interface (Um) 

° Inter-System Interface (ISSIg) 

° Telephone Interconnect Interface (Et) 

6 Network Management Interface (En) 

° Data Host or Network Interface (Ed) 

e Data Peripheral Interface (A) 


© Fixed Station Interface (Ef) 
8 Console Sub-System Interface (Ec) 


P25 System Model 
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D-Star History . 


e Developed under direction from JA Govt 
e Concept launched at JAIA Hamfest 2001 
e Current protocol in possession of JARL 


e ICOM and Kenwood both endorse project at 
JAIA 2001 


e Developed under contract by ICOM ENG Co. 
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Analog — What We Know 


FM Modulation (Angular Modulation) 


carrier 


signal 


output 


Analog FM Modulation 
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e With Analog FM, the carrier is moved in 


frequency with respect to the 


modulating source. 
e The signal viewed on the spectrum 


analyzer is constantly changing in 


occupied bandwidth. 


300 - 3400 
Hz Voice 


Creating the Digital Signal 33 


e Codec / Vocoder 
Converts analog signal to digital data (Tx) 
Converts digital data to analog signal (Rx) 


e Data framing 
Defines portions of “over the air’ data stream 


e Synchronization 
synchronize data streams and data frames 


e Modulation 
Transmits data stream via RF carrier 


Converting Analog to Digital 


Analog to Digital Voice encoder 


converter 
| 
Vocoder 
| 
Digital to Analog Voice decoder 


converter 


Vocoder Basics = 


A/D 


converter 


e VSELP (Vector Sum Exited Linear Prediction) 
e RELP (Residual Excited Linear Prediction) 

e IMBE (Improved Multi-Band Excitation) 

e AMBE (Advanced Multi-Band Excitation) 


Digital Radio Architecture $33 
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MBE Vocoder aes 


Multi Band Excitation (MBE) 


Used in Project 25 / D-Star 

e IMBE — Improved Multi Band Excitation 

e AMBE — Advanced Multi Band Excitation 

Speech is divided into 10 frequency bands 

e Those containing periodic energy (voiced) 

e Those containing only noise (unvoiced) 

For Transmission 

e Bits are prioritized 

e Protected by error control codes depending on priority 
e 4.4 kbps speech data and 2.8 kbps of error correction code 
Computational requirements are less than other vocoders 


AMBE Vocoder 


DiciraAL Voice Systems, INc. 


The Speech Compression Specialists 


Discriminate each 
voice segment by 
frequency band 
Decide voice/non- 
voice content for each 
frequency band 

Mix voice and noise 
excitation signal vs. 
specified voice 
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Channel Coding sss 


Channel Coding is how digital RF systems utilize error correction 
and data protection techniques to ensure that the data (voice or 
control) arrives and is recovered correctly. Designed to improve the 
system performance by overcoming channel impairments such as: 


e Noise 
e Fading 
e Interference 


Types of Error Correction eos 


e Linear Block codes 
e A family of parity check codes 
e Hamming code 
e Corrects single errors 
e Detects all combinations of two or fewer errors in a block 
e Golay Code 
e Corrects triple errors, additionally some 4 bit errors. 
e Reed Solomon codes 
e Effective for burst error correction 
e Can be used over large data sets 


Synchronization Ses 


e An essential requirement for any digital radio system is synchronization 
between the transmitter and receiver 


e Synchronization at three levels can be achieved in digital radio systems, 
these are: 


e Frequency 
e Frame rate 
e Symbol rate 
e Use of at least two of these methods is common in most systems 


Synchronization Ses 


e Frequency synchronization 


Frequency error results in a fixed phase error in the received 

symbols 

e Differential modulations can accommodate these fixed 
errors 


Frequency change during the symbol period corrupts the 
modulation 


e Frame synchronization 


Transmitted data is arranged into “blocks” slots or frames 
Frames are numbered or have recognizable features 


Allows the receiver to determine the type of data it is 
receiving from its location within the frame 


Project 25 has only two voice frame types which alternate 


Digital Modulations Sse 


e FSK Frequency Shift Keying 
Continuous carrier using a key up/down combinations 
known as Mark and Space. 

e PSK Phase Shift Keying 
Similar to FSK, except the phase not the frequency is 
shifted. Advantage over FSK is that it can be done in the 
amplifier stage. 

e BPSK Binary PSK 
Simplest form of of digital modulation 


C4FM Digital Modulation Sse 


C4FM is a form of differential 
QPSK in which each successive 
symbol is shifted in phase by a 
multiple of 45°. It differs from 
many conventional applications 
in being fixed amplitude. The 
symbols are mapped as: 


Information Symbol Deviation 


01 +3 + 1.8 kHz 
00 + 1 + 0.6 kHz 
10 - 1 - 0.6 kHz 


11 - 3 - 1.8 kHz 


GMSK Modulation ose: 


e Gaussian Minimum Shift Keying 


Very similar to FSK with the continuous carrier and no amplitude 
variations. GMSK Gaussian Minimum Shift Keying, using MSK 
through a Gaussian Filter. 


With Gaussian minimum shift keying, the rectangular pulses 
representing input bits are converted into Gaussian shaped 

pulses. The resulting carrier signal is smooth in phase, and 

therefore requires less bandwidth to transmit. 
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D-Star Voice Message Framing | ::° 
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P25 Voice Message Framing 


Header Logical Link Logical Link Logical Link Logical Link term. 
ae Data Unit 1 Data Unit 2 Data Unit 1 Data Unit 2 a 


SUPERFRAME SUPERFRAME 
360 ms 360 ms 


The Header Data unit is followed by a repeating 
series of LDU 1 and LDU 2 blocks until the end of 
message is signaled by a Termination Data unit. 


P25 Channel Coding cose 


<q———._ Most Significant bits Least Significant bits ——____» 
12 bits 12 bits 12 bits 12 bits 11 bits 11 bits 11 bits 7 bits 
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Encoded with (23)42, 7) Encoded with (15,11,3) 
Standard Golay code Standard Hammering code 
114 bit PN sequence collect 114 bits 
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Interleave 


144 bit 
Voice code word 


Comparing P25 & D-Star s3°° 


P-25 D-Star 
e Administered by TIA e Administered by JARL 
TIA-102 
e Manufacturer specific 
Proprietary technology: 
Motorola “ASTRO25" 
EFJ “IP25° 


Comparing P25 & D-Star 33 


P-25 


12.5 KHz channel width 
IMBE Vocoder * 

9600 Baud channel rate 
(4800 * dibit) 

Robust Error Correction 


88 baud concurrent 
data w/ voice 


D-Star 


6.25 KHz channel width 
AMBE Vocoder * 

4800 baud channel rate 
Moderate Error 
Correction 

900 baud concurrent 
data w/ voice 


Comparing P25 & D-Star 


P-25 

e Individual ID 
e NAC 

e Group ID 


D-Star 


Own Call Sign 
Own Repeater 
Target Call 
Target Repeater 


“Routing” server 
capability 


